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SYSTEM AND METHOD FOR MODELESS 
LARGE VOCABULARY SPEECH 

RECOGNITION 

The present application claims priority from US. provi 
sional application No. 60/077,337, ?led Mar. 9, 1998, from 
US. provisional application No. 60/077,738, ?led Mar. 12, 
1998, and from US. provisional application No. 60/077, 
922, ?led Mar. 13, 1998, all of Which are herein incorporated 
by reference. 

FIELD OF THE INVENTION 

The present invention relates to a speech recognition 
system, and more particularly to a ?exible speech recogni 
tion system for large vocabulary continuous speech dictation 
Which also recognizes and acts upon command and control 
phrases embedded in a user provided dictation stream. 

BACKGROUND ART 

Speech recognition systems alloW a user to operate and 
control other applications such as Word processors, 
spreadsheets, databases, etc. Accordingly, a useful speech 
recognition system alloWs a user to perform to broad func 
tions: (1) dictate input to an application, and (2) control the 
input and the application. One approach of prior art systems 
has been to provide separate dictation processing and control 
processing modes and require the user to sWitch betWeen the 
tWo modes. Thus, operating mode Would be de?nitely 
knoWn by the system, since positive direction by the user 
Was necessary to change processing modes. 

Another approach Was described by Hsu in US. Pat. No. 
5,677,991 and Yegnanarayanan in US. Pat. No. 5,794,196, 
both of Which are incorporated herein by reference in their 
entirety, in Which input speech Was parsed by both a large 
vocabulary isolated Word recognition module and a small 
vocabulary continuous speech recognition module each hav 
ing an associated application conteXt. Hypotheses produced 
by the large vocabulary isolated Word speech recognition 
module Would correspond to dictated teXt While hypotheses 
produced by the small vocabulary continuous speech rec 
ognition module Would correspond to short application 
speci?c command and control sequences. Each recognition 
module Would produce hypotheses corresponding to the 
input speech and an associated recognition probability or 
score. An arbitration algorithm Would then select the better 
scoring hypothesis as a recognition result and direct the 
result to the associated conteXt. 

The approach of Hsu and Yegnanarayanan represented an 
advance in that a user of the speech recognition system no 
longer needed to toggle betWeen dictation mode and com 
mand mode, rather the system automatically determined 
Whether a given portion of an input utterance should be 
treated as dictated teXt or as application related command 
directives. HoWever, Hsu and Yegnanarayanan explicitly 
limit the large vocabulary speech recognition module to an 
isolated Word approach Which requires a user to pause 
unnaturally betWeen each Word of dictated teXt. 

SUMMARY OF THE INVENTION 

A preferred embodiment of the present invention repre 
sents a method for operating a modeless large vocabulary 
continuous speech recognition system of the type that rep 
resents an input utterance as a sequence of input vectors. The 
method includes: 

(a) providing a common library of acoustic model states 
for arrangement in sequences that form acoustic mod 
els; 

20 

25 

30 

35 

40 

45 

50 

60 

65 

2 
(b) comparing each vector in a sequence of input vectors 

to a set of model states in the common library to 
produce a match score for each model state in the set 
re?ecting the likelihood that such state is represented 
by such vector; and 

(c) using, in a plurality of recognition modules operating 
in parallel, the match scores With the acoustic models 
to determine at least one recognition result in each of 
the recognition modules. 

In a further embodiment, each acoustic model may be 
composed of a sequence of segment models and each 
segment model may be composed of a sequence of model 
states. The match score may be a probability calculation or 
a distance measure calculation. Each recognition module 
may include a recognition grammar used With the acoustic 
models to determine the at least one recognition result. The 
recognition grammar may be a conteXt-free grammar, a 
natural language grammar, or a dynamic command gram 
mar. In addition, or alternatively, the method may further 
include comparing the recognition results of the recognition 
modules to select at least one system recognition result. The 
step of comparing may use an arbitration algorithm and a 
score ordered queue of recognition results and associated 
recognition modules. The plurality of recognition modules 
may include one or more of a dictation module for producing 
at least one probable dictation recognition result, a select 
module for recogniZing a portion of visually displayed teXt 
for processing With a command, and a command module for 
producing at least one probable command recognition result. 
A related embodiment provides a modeless large vocabu 

lary continuous speech recognition system of the type that 
represents an input utterance as a sequence of input vectors. 
The system includes a common library of acoustic model 
states for arrangement in sequences that form acoustic 
models; an input processor that compares each vector in a 
sequence of input vectors to a set of model states in the 
common library to produce a match score for each model 
state in the set re?ecting the likelihood that such state is 
represented by such vector; and a plurality of recognition 
modules operating in parallel that use the match scores With 
the acoustic models to determine at least one recognition 
result in each of the recognition modules. 

In a further embodiment, each acoustic model may be 
composed of a sequence of segment models and each 
segment model may be composed of a sequence of model 
states. The match score may be a probability calculation or 
a distance measure calculation. Each recognition module 
may include a recognition grammar used With the acoustic 
models to determine the at least one recognition result. The 
recognition grammar may be a conteXt-free grammar, a 
natural language grammar, or a dynamic command gram 
mar. In addition, or alternatively, the system may further 
include an arbitrator that compares the recognition results of 
the recognition modules to select at least one system rec 
ognition result. The arbitrator may include an arbitration 
algorithm and a score ordered queue of recognition results 
and associated recognition modules. The plurality of recog 
nition modules may include one or more of a dictation 

module for producing at least one probable dictation recog 
nition result, a select module for recogniZing a portion of 
visually displayed teXt for processing With a command, and 
a command module for producing at least one probable 
command recognition result. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The present invention Will be more readily understood by 
reference to the folloWing detailed description taken With the 
accompanying draWings, in Which: 
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FIG. 1 illustrates a block diagram of simultaneous rec 
ognition networks established for active applications in 
accordance With a preferred embodiment of the invention. 

FIG. 2 illustrates a block diagram of operation of an 
arbitration algorithm in accordance With a preferred embodi 
ment of the invention. 

DETAILED DESCRIPTION OF SPECIFIC 
EMBODIMENTS 

Large vocabulary speech recognition dictation systems 
heretofore knoWn require an extended sequence of correctly 
formatted spoken commands even to perform relatively 
simple command and control functions. See, for example, 
application Ser. No. 08/669,242, ?led Jun. 24, 1996, alloWed 
for issuance on Feb. 4, 1998, a continuation-in-part of 
application Ser. No. 08/496,979, ?led Jun. 30, 1995, noW 
issued as US. Pat. No. 5,677,991; such patent and such 
applications are hereby incorporated herein by reference. 
Moreover, some relatively common features are not even 
supported in existing speech recognition dictation systems. 
For instance, to create a table in some existing applications, 
the system Will not recogniZe spoken commands to create a 
table, but requires use of a mouse or keyboard. Even in 
command sequences Which are recogniZed, the format and 
sequence of the commands must be folloWed With little or no 
variation to perform the desired function correctly. 

Apreferred embodiment of the present invention correctly 
identi?es and performs command and control functions 
embedded by the user in a stream of dictated text Without 
requiring an exact sequence or prede?ned format. For 
instance, to create a table, the user may say: 

“Insert a tWo by three table here,” or 

“Add a table here,” or 

“Make a tWo by three table,” or 
“Create a table here.” 

Similar commands composed by the user in a natural 
language form comfortable at that particular time may be 
properly recogniZed and acted upon by the system. 

FIGS. 1 and 2 illustrate in broad terms a preferred 
embodiment of the present invention. FIGS. 1 and 2 also 
shoW various levels of operation of the embodiment. The 
highest level is the application level 18, Which exists above 
the line 12 representing the Speech Application Program 
ming Interface (SAPI). 
As illustrated in FIG. 1, a preferred embodiment imple 

ments a ?exible speech recognition dictation system Which 
incorporates both a large vocabulary continuous speech 
dictation path 13 and one or more limited-vocabulary, 
application-associated command and control paths 14 Which 
operate simultaneously in parallel on a user provided spoken 
input. These tWo paths are here divided by dashed line 
X—X. The large vocabulary continuous speech dictation 
path 13 of the embodiment employs a combination of 
acoustic models and language models to perform multiple 
search passes on the spoken input and generates scores 
indicating the degree of match of the input utterance With an 
identi?ed sequence of the respective models. The limited 
vocabulary, application-associated command and control 
path 14 utiliZes acoustic models in combination With context 
free grammars 141 to generate scores indicating the degree 
of match of the input utterance With at least one of the 
recogniZable commands. An arbitration algorithm then 
selects among the scores and models generated by the 
recognition netWorks. Preferably, the scores generated by 
the respective netWorks are scaled by a factor or factors 
empirically trained to minimiZe incursions by each of the 
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4 
netWorks on correct results from the other vocabulary. In an 
embodiment, the input speech may be provided to the 
system from an audio object, be processed by the speech 
recogniZer, and then provided as output to another computer 
application, such as a Word processing program or account 
ing spreadsheet, via the speech application programming 
interface (SAPI) 12. 

In FIG. 1 are also shoWn successively deeper layers of the 
embodiment. The large vocabulary dictation context 13 
operates across the SAPI 12 in a Voice Dictation Object 
(VDO) 11 Which typically causes the display of dictated text. 
Just as a user in a keyboard operated Word processing 
program may have multiple documents open at one time, a 
dictation system user may multiple open VDOs. The natural 
language process (NLP) grammars and dynamic grammar 
constituting a part 14 of the embodiment providing com 
mand and control contexts may act on an application such as 
a Word processing application. FIG. 1 also shoWs levels 
beneath the SAPI including the engine level 15, Wherein the 
various grammar rules are applied, and the interface level 
16, Wherein multiple dictation contexts at the VDO level 18 
are mapped to a single dictation context for use at the 
recogniZer level 17. At the recogniZer level 17, each active 
context constructs Working recognition hypotheses and 
associated probabilities. 

FIG. 2 illustrates operation of the system to arbitrate 
among the hypotheses generated for a given input utterance 
by each active context. Arbitration consists of selecting the 
best scoring recognition result hypothesis, identifying the 
active context Which produced that hypothesis and directing 
the hypothesis to the corresponding application-level path. 
FIG. 2 shoWs an input utterance 20 being directed to a 
recognition netWork for each active context; a dictation 
netWork 21, a select netWork 22, and command and control 
netWorks 23. The dictation netWork uses a sophisticated and 
elaborate processing scheme Which requires substantial sys 
tem computational resources; hoWever, use of intermediate 
dictation netWork calculations by the other recognition 
netWorks, along With other ef?ciency measures, alloWs 
existing commercial computer systems to perform the simul 
taneous multiple recognition netWork processing utiliZed by 
preferred embodiments of the present invention. 

The recognition hypotheses and their associated prob 
abilities are grouped together With their associated context 
by the recognition result selector 24 Which forms a prece 
dence ordered queue of (hypothesis, context) ordered pairs 
knoWn as the hypothesis list. The hypothesis list is retrieved 
by the interface result object 25 Which uses the interface map 
26 to map the hypothesis list onto the active context models. 
The arbitrator 27 gets the translated hypothesis list from the 
interface result object 25, selects the best scoring hypothesis, 
and directs it to the appropriate application-level path 
according to the application map 28. 

In common With many prior art systems, a preferred 
embodiment of the system of the present invention operates 
by transforming an input speech signal into a sequence of 
digitally encoded speech frames as is Well knoWn in the art. 
The input frames are further processed by describing them 
each With N parameters, producing a sequence of 
N-dimensional vectors. A preferred embodiment then uti 
liZes sequence state acoustic models in the form of Hidden 
Markov Models (HMMs) With continuous observation den 
sities as is knoWn in the art and described, for example, in 
Rabiner and Juang, Fundamentals of Speech Recognition, 
pp. 350—52, Prentice Hall, 1993, Which reference is hereby 
incorporated herein by reference. The initial processing of 
the input data also estimates the beginning and end of a Word 
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or phrase based on an analysis of energy levels such that 
some adjustable sensitivity threshold is set to distinguish 
user speech from background noise. 

In a preferred embodiment, the acoustic models represent 
demi-triphones—models of the acoustic transition from the 
middle of one phoneme (basic speech sound) to the middle 
of another phoneme, Which are left-right context sensitive; 
that is sensitive to the preceding and folloWing sound units. 
The sequence of states in the models actually is derived from 
a relatively small pool of approximately 2000 states Which 
model every speci?c speech sound. The states are repre 
sented as mixture models such that the acoustic modeling 
measures the distance from the input speech to various 
model parameters. Typically, the model states are a Gaussian 
family of probability distribution functions in Which the 
conditional probability of the input, given the state, is a 
Weighted sum of Gaussian probabilities. HoWever, a pre 
ferred embodiment uses a simpli?ed version in Which the 
family has an assigned Weight such that for a given input 
speech sequence, the distance is measured from the input to 
the nearest Gaussian. 

In some cases, the input frames are relatively far from the 
nearest Gaussian so that it Would be computationally inef 
?cient to perform the relatively complex computation 
described above. In such cases, a preferred embodiment 
simply uses the simpler measurement models produced by 
the process of vector quantization (VQ) in Which the 
N-dimensional vector acoustic models are represented by 
sequences of standard or prototype states. Rather than rep 
resenting spectral distributions, the state indices identify or 
correspond to probability distribution functions. The state 
spectral index essentially serves as a pointer into a table 
Which identi?es, for each state index, the set of probabilities 
that each prototype frame or VQ index Will be observed to 
correspond to that state index. The table is, in effect, a 
precalculated mapping betWeen all possible frame indices 
and all state indices. Thus, for comparing a single frame and 
single state, a distance measurement or a measure of match 
can be obtained by directly indexing into the tables using the 
respective indices and combining the values obtained With 
appropriate Weighting. It is thus possible to build a table or 
array storing a distance metric representing the closeness of 
match of each standard or prototype input frame With each 
standard or prototype model state. This matrix is further 
compressed by methods described in US. Pat. No. 5,546, 
499, issued Aug. 13, 1996 to Lynch et al., Which is hereby 
incorporated into this application by reference. 

Natural variations in speaking rate require that some 
method be employed for time aligning a sequence of frames 
representing an unknoWn speech segment With each 
sequence of acoustic model states representing a vocabulary 
Word. This process is commonly referred to as time align 
ment. In Word recognition, the sequence of frames Which 
constitute the unknoWn speech segment taken together With 
a sequence of states representing a vocabulary model, in 
effect, de?ne a matrix and the time aligning process involves 
?nding a path across the matrix Which produces the best 
score, e.g., least distance or cost. The distance or cost is 
typically arrived at by accumulating the cost or distance 
values associated With each pairing of frame index With state 
index as described previously With respect to the vector 
quantiZation process. 

In addition to Words Which are to be recogniZed, the 
vocabulary may also include Word initial state and Word 
?nal state noise models along With models of common 
intrusive noises, e.g. paper rustling, door closing, or a cough. 
When an acoustic input is best matched With one of these 
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6 
models, a null output or no output is provided. In addition, 
a preferred embodiment also uses models of Word-to-Word 
transition sounds, also called Word “glues.” 

In continuous speech recognition, states corresponding to 
phones or other sub-units of speech are typically intercon 
nected in a netWork and decoded in correspondence With the 
ongoing utterance. A score is progressively built up as the 
utterance proceeds. This total score is a function both of the 
degree of match of the utterance With the decoded path and 
the length of the utterance. A continuous speech recognition 
system Will typically identify the best scoring model 
sequence and may also identify a ranked list of possible 
alternative sequences. 
The large vocabulary continuous speech dictation net 

Work employs various language models to additionally 
process the input speech, While in parallel one or more 
limited-vocabulary, application-associated command and 
control netWorks uses the acoustic model processing 
together With context free grammars to process and score the 
same input speech. In a prior art speech recogniZer, this 
Would mean implementing tWo or more independent and 
complete speech recogniZers. HoWever, preferred embodi 
ments of the present invention share the processing results of 
the acoustic models to reduce the computational load and the 
total amount of Work done by the system. This computa 
tional savings alloWs a single commercially available com 
puter processor to perform the multiple simultaneous path 
processing needed to realiZe preferred embodiments of the 
present invention. 

The large vocabulary continuous speech dictation recog 
nition netWork employs a three pass search utiliZing both a 
tree-structured netWork, a linear netWork, and netWorks for 
initial and ?nal noises and for the Word glues. The ?rst pass 
uses at every time step, for reasonably good Word beginning 
times, both the linear netWork and the unigram tree net 
Works. The linear netWork, hoWever, is used in conjunction 
With a bigram Word history (i.e., the previous Word context 
is used), and therefore, hopefully Will not start a large 
number of Words. The tree lexicon, on the other hand, shares 
the computation of the Words (e.g., Which share common 
phone transcription pre?xes), and therefore is not that com 
putationally expensive due to shared system resources; 
furthermore, most state sequences Will be pruned after the 
?rst feW phones. While a transition into a linear netWork 
incorporates the appropriate bigram language model score, 
the unigram scores of the Words are factored into the tree 
representation of the lexicon. Thus, a “smeared” language 
model score enables earlier pruning of unWanted unigram 
extensions. 
The ?rst search pass sequences the frames into netWorks 

With accumulated scores and calculates times of Word end 
ings using Hidden Markov Models (HMMs) Which are 
statistical representations of Word sequence probabilities. 
The statistical processing performed by the ?rst pass 
includes computing for each state the mixture model dis 
tances in a four-layered approach employing, in turn, a 
squeeZed matrix, best branch entries, mixture model 
approximations, and heuristic stopping of computation. The 
calculation of the mixture model distances determines the 
distance of each state from the input frame. The mixture 
model distance calculations performed by the dictation 
netWork are also cached for use by the other recognition 
netWorks. When the ?rst pass calculates that a Word end has 
been reached in the input utterance the state scores are 
updated, and active states of the unigram tree, linear 
netWork, Word initial and ?nal noises netWork and the glue 
netWork are pruned to delete active states beloW a threshold 
value. 
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The second search pass uses ?rst pass tracking and score 
array based network construction to produce a Word graph of 
states and probabilities. Starting With the Word end scores of 
the ?rst pass, acoustic and language model distances are 
calculated for every Word that ends that Way. This process is 
described in greater detail in the Lynch patent previously 
cited. The second pass then uses the mixture model distances 
(again, also stored to a cache for use by the other recognition 
networks) to identify sequences of states knoWn as arcs 
Which represent fundamental sound units and compute their 
acoustic scores, creating a Word graph of Word hypotheses 
and associated probabilities. The third pass shares the lan 
guage model used in the ?rst pass in conjunction With 
trigram Word models to produce a ranking of the most 
probable hypotheses. 

Besides the above described dictation context and its 
associated netWork of language model Word searches, a 
preferred embodiment of the present invention implements 
three other contexts and associated netWorks: 
select context, 
natural language command and control context, and 
dynamic command and control context. 

The select context feature is to the Word sequences 
displayed in the voice dictation object (VDO). When the 
user Wishes to process a portion of the Word sequence 
produced displayed in the VDO, the select context and its 
associated command netWork is used to de?ne the Word 
sequence desired much as a mouse in a keyboard based Word 
processing program may be used to select a portion of text. 
A preferred embodiment of the present invention utiliZes 

tWo independent command context types, one type using a 
natural language process (NLP) grammar (actually several 
NLP grammars are used) and one type using a dynamic 
grammar. When the score from a command and control 
context is suf?ciently small, it means that the given sequence 
is more probably intended by the user to be a command and 
control sequence rather than dictated text. Each natural 
language process grammar utiliZes context free grammar 
rules to parse a sequence of input Words and return a score 
representing the likelihood that a given sequence represents 
a command and control sequence from the user in natural 
language format. The dynamic grammar utiliZes its oWn 
context free grammar and designed to detect and implement 
the short commands available on a drop-doWn GUI menu; 
for example, “Bold on” “Bold off” “Spell check document.” 

The select and command and control netWorks utiliZe 
acoustic models corresponding to the vocabulary recogniZed 
by their respective grammars. They perform recognition 
searches similar to the ?rst and second pass searches 
described above With respect to the dictation recognition 
netWork, analyZing mixture model distances and producing 
Word graphs of recognition hypotheses and their associated 
probabilities. By using the cache of mixture model distance 
calculations produced by the dictation netWork rather than 
performing these calculations independently for each rec 
ognition netWork, substantial savings are realiZed in systems 
computational resources. Thus, preferred embodiments of 
the present invention may be implemented in existing com 
mercially available computer systems. 

Moreover, preferred embodiments may also realiZe oper 
ating efficiencies by the non-dictation recognition netWorks 
“sharing” their respective search beamWidths. As described 
above, search beamWidth refers to the pruning or deleting of 
recognition hypotheses Which have scores beyond a thresh 
old value set by the best scoring hypothesis. Preferred 
embodiments prune the poorly scoring hypotheses in the 
non-dictation netWorks according to the best overall hypoth 
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esis score by any netWork in conjunction With common 
threshold values. Thus, rather than have each netWork pro 
duce its n-best scoring hypotheses, netWorks in Which scores 
are poor compared to the other netWorks have all or most of 
their hypotheses pruned off. In other Words, rather than 
considering the best hypotheses from each netWork, sharing 
the pruning beamWidth alloWs preferred embodiments to 
consider the best scoring hypotheses from all the netWorks 
considered as a Whole. Again, this results in signi?cant 
computational ef?ciencies being realiZed. 

In an alternative embodiment, even greater computational 
ef?ciencies may be realiZed by utiliZing a single recognition 
netWork such as that described above With respect to the 
dictation netWork. The non-dictation contexts such as select 
context and command and control context Would attempt to 
parse the output of the single recognition netWork. Recog 
nition results parsed by a given context Would be recogniZed 
as commands for that context rather than dictated text. This 
embodiment requires that a careful compromise be reached 
betWeen the overall system’s recognition of a given Word or 
phrase as dictated text or as commands. 
As indicated previously, the different recognition contexts 

and their associated netWorks employ different types of 
models and different scoring mechanisms so that the scores 
are not directly comparable. Relative scaling of the scores is 
applied to minimiZe or avoid intrusions by each recognition 
netWork on correct translations from the other recognition 
netWork. The scoring produced by the dictation netWork 
With its combination of acoustic models, multipass language 
models, and dictation grammar must be adjusted to be 
comparable With the scoring produced by the select netWork 
and the command and control netWorks. 
An arbitration algorithm for selecting among the compet 

ing contexts and hypotheses combines and orders the vari 
ous scores obtained, and then selects the top scoring hypoth 
esis and context for output via the SAPI as appropriate to 
either the visual display of a user application program by 
means of a voice dictation object (VDO), or to a command 
and control function Within an application speech center 
Which tracks What actions are occurring Within the applica 
tion. 

In a preferred embodiment, the large vocabulary continu 
ous recognition dictation context, the select context and 
some number of command and control contexts have an 
initial precedence ordering With respect to the others. For 
instance, in a preferred embodiment, the highest precedence 
is assigned to the command and control contexts, then to the 
select context, and loWest is the dictation context. The 
arbitration algorithm ?nds the best scoring parseable 
hypothesis and its context (all dictation and selection results 
are considered parseable). If the same hypothesis is 
parseable by more than one context, the arbitration algo 
rithm selects the hypothesis With the highest precedence. 
Precedence ordering ensures that When an utterance is 
recogniZed by both a command and control context and by 
the dictation context, the utterance Will be treated as a 
command rather than dictation text, since that is the most 
likely user-desired action. 

In a preferred embodiment, the arbitration algorithm 
initially generates data structures of sets of (hypothesis, 
score, list of netWorks) in a score-ordered queue produced at 
the recogniZer level. From the Word graph generated by each 
netWork, including dictation, the arbitration algorithm gets 
the score of the best hypothesis and inserts the set of 
(hypothesis, score, list of netWorks) in the score-ordered 
queue. Until the algorithm is done or the queue is empty: the 
best hypothesis in the queue is found, and all the sets of 
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(hypothesis, score, list of networks) in the queue which have 
the same hypothesis and score are found. Then, all the 
hypotheses not yet in the queue having the same hypothesis 
and score are found by, for each network not in the list of 
networks associated with the best hypothesis, analyzing the 
neXt hypothesis and score, until the score is worse than the 
current score (or until some maximum number of hypoth 
eses per conteXt has been reached, e.g., 15). If that is the 
same hypothesis and score as the current best scoring 
hypothesis, it is added to the associated list of networks, 
otherwise, the neXt hypothesis and score from that network 
is tested. 
At this parsing step, the algorithm determines whether or 

not to get another (hypothesis, score, list of networks) 
candidate by checking whether some maXimum number of 
hypotheses has been reached (e.g., 100). There may be more 
parses than this, since there may be multiple networks per 
hypothesis, but only a certain maXimum number of hypoth 
eses is considered. The hypotheses, in fact, may not be 
distinct—the same hypothesis may be considered in differ 
ent networks and with different scores. That is, the same 
hypothesis may come from the dictation network and from 
a command and control network at different times, with 
different scores. 

Next, a list of networks associated with this hypothesis is 
made (often containing only one entry), and this list is 
ordered by precedence. At the interface level, the list of 
networks associated with the best scoring hypothesis is 
translated into a list of conteXts associated with the best 
scoring hypothesis. Then, at the engine level, the ?rst 
conteXt in the list is found which parses the hypothesis, and 
if there is such a conteXt it is returned along with its 
corresponding hypothesis and the algorithm is done. 
Otherwise, if the queue was empty, the algorithm returns an 
empty result. 

In the normal course, the arbitration algorithm selects a 
best hypothesis and associated application path to direct it 
to. If the hypothesis is recogniZed as dictated teXt, then that 
is sent to the VDO. If the hypothesis is recogniZed as a 
command to select teXt or for a command and control 
grammar, the hypothesis is translated into the appropriate 
command associated with the recogniZed hypothesis. 

In view of the foregoing it may be seen that several 
objects of the present invention are achieved and other 
advantageous results have been attained. As various changes 
could be made in the above constructions without departing 
from the scope of the invention, it should be understood that 
all matter contained in the above description or shown in the 
accompanying drawings shall be interpreted as illustrative 
and not in a limiting sense. 
What is claimed is: 
1. A method for operating a modeless large vocabulary 

continuous speech recognition system that represents an 
input utterance as a sequence of input vectors, the method 
comprising: 

(a) providing, for speech processing in the speech recog 
nition system, a common library of acoustic model 
states for arrangement in sequences that form acoustic 
models; 

(b) comparing, for speech processing in the speech rec 
ognition system, each vector in a sequence of input 
vectors to a set of model states in the common library 
to produce a match score for each model state in the set 
re?ecting the likelihood that such state is represented 
by such vector; and 

(c) using, for speech processing in the speech recognition 
system, in a plurality of recognition modules operating 
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in parallel, the match scores with the acoustic models 
to determine at least one recognition result in each of 
the recognition modules. 

2. A method according to claim 1, wherein each acoustic 
model is composed of a sequence of segment models and 
each segment model is composed of a sequence of model 
states. 

3. A method according to claim 1, wherein the match 
score is a probability calculation or a distance measure 
calculation. 

4. A method according to claim 1, wherein each recog 
nition module includes a recognition grammar used with the 
acoustic models to determine the at least one recognition 
result. 

5. A method according to claim 4, wherein the recognition 
grammar is a conteXt-free grammar, a natural language 
grammar, or a dynamic command grammar. 

6. A method according to claim 1, further including: 
(d) comparing the recognition results of the recognition 

modules to select at least one system recognition result. 
7. A method according to claim 6, wherein the step of 

comparing uses an arbitration algorithm and a score ordered 
queue of recognition results and associated recognition 
modules. 

8. Amethod according to claim 1, wherein the plurality of 
recognition modules includes a dictation module for pro 
ducing at least one probable dictation recognition result. 

9. Amethod according to claim 1, wherein the plurality of 
recognition modules includes a command module for pro 
ducing at least one probable command recognition result. 

10. A method according to claim 1, wherein the plurality 
of recognition modules includes a select module for recog 
niZing a portion of visually displayed teXt for processing 
with a command. 

11. A method according to claim 1, wherein the plurality 
of recognition modules includes a dictation module for 
producing at least one probable dictation recognition result, 
a select module for recogniZing a portion of visually dis 
played teXt for processing with a command, and a command 
module for producing at least one probable command rec 
ognition result. 

12. A method for operating a modeless large vocabulary 
continuous speech recognition system that represents an 
input utterance as a sequence of input vectors, the method 
comprising: 

(a) providing a common library of acoustic model states 
for arrangement in sequences that form acoustic 
models, wherein each acoustic model is composed of a 
sequence of segment models and each segment model 
is composed of a sequence of model states; 

(b) comparing each vector in a sequence of input vectors 
to a set of model states in the common library to 
produce a match score for each model state in the set 
re?ecting the likelihood that such state is represented 
by such vector; 

(c) in a plurality of recognition modules operating in 
parallel, each having an associated recognition 
grammar, using the match scores with the acoustic 
models to determine at least one recognition result in 
each of the recognition modules, wherein the plurality 
of recognition modules includes a dictation module for 
producing at least one probable dictation recognition 
result, a select module for recogniZing a portion of 
visually displayed teXt for processing with a command, 
and a command module for producing at least one 
probable command recognition result; and 

(d) comparing the recognition results of the recognition 
modules with an arbitration algorithm and a score 
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ordered queue of recognition results and associated 
recognition modules to select at least one system rec 
ognition result. 

13. A modeless large vocabulary continuous speech rec 
ognition system that represents an input utterance as a 
sequence of input vectors, the system comprising: 

a common library of acoustic model states for arrange 
ment in sequences that form acoustic models for speech 
processing in the speech recognition system; 

an input processor, for speech processing in the speech 
recognition system, that compares each vector in a 
sequence of input vectors to a set of model states in the 
common library to produce a match score for each 
model state in the set re?ecting the likelihood that such 
state is represented by such vector; and 

a plurality of recognition modules operating in parallel, 
for speech processing in the speech recognition system, 
that use the match scores With the acoustic models to 
determine at least one recognition result in each of the 
recognition modules. 

14. Asystem according to claim 13, Wherein each acoustic 
model is composed of a sequence of segment models and 
each segment model is composed of a sequence of model 
states. 

15. A system according to claim 13, Wherein the match 
score is a probability calculation or a distance measure 

calculation. 
16. A system according to claim 13, Wherein each recog 

nition module includes a recognition grammar used With the 
acoustic models to determine the at least one recognition 
result. 

17. A system according to claim 16, Wherein the recog 
nition grammar is a context-free grammar, a natural lan 
guage grammar, or a dynamic command grammar. 

18. A system according to claim 13, further including: 
(d) an arbitrator that compares the recognition results of 

the recognition modules to select at least one system 
recognition result. 

19. Asystem according to claim 18, Wherein the arbitrator 
includes an arbitration algorithm and a score ordered queue 
of recognition results and associated recognition modules. 

20. A system according to claim 13, Wherein the plurality 
of recognition modules includes a dictation module for 
producing at least one probable dictation recognition result. 
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21. A system according to claim 13, Wherein the plurality 

of recognition modules includes a command module for 
producing at least one probable command recognition result. 

22. A system according to claim 13, Wherein the plurality 
of recognition modules includes a select module for recog 
niZing a portion of visually displayed teXt for processing 
With a command. 

23. A system according to claim 13, Wherein the plurality 
of recognition modules includes a dictation module for 
producing at least one probable dictation recognition result, 
a select module for recogniZing a portion of visually dis 
played teXt for processing With a command, and a command 
module for producing at least one probable command rec 
ognition result. 

24. A modeless large vocabulary continuous speech rec 
ognition system that represents an input utterance as a 
sequence of input vectors, the system comprising: 

a common library of acoustic model states for arrange 
ment in sequences that form acoustic models, Wherein 
each acoustic model is composed of a sequence of 
segment models and each segment model is composed 
of a sequence of model states; 

an input processor that compares each vector in a 
sequence of input vectors to a set of model states in the 
common library to produce a match score for each 
model state in the set re?ecting the likelihood that such 
state is represented by such vector; 

a plurality of recognition modules and associated recog 
nition grammars, the modules operating in parallel and 
using the match scores With the acoustic models to 
determine at least one recognition result in each of the 
recognition modules, Wherein the plurality of recogni 
tion modules includes a dictation module for producing 
at least one probable dictation recognition result, a 
select module for recogniZing a portion of visually 
displayed teXt for processing With a command, and a 
command module for producing at least one probable 
command recognition result; and 

an arbitrator that uses an arbitration algorithm and a score 

ordered queue of recognition results together With their 
associated recognition modules to compare the recog 
nition results of the recognition modules to select at 
least one system recognition result. 

* * * * * 


